ABSTRACT Multiple-input-multiple-output (MIMO) underwater acoustic communication offers a promising way to improve the data rate under very limited bandwidth underwater channels. However, MIMO underwater acoustic suffers from not only inter-symbol interference (ISI) but also co-channel interference (CoI), which pose significant difficulties to the conventional channel equalizer. Designed to overcome ISI, the traditional channel estimation based decision feedback equalizers (CE-DFE) will experience substantial performance loss, because the impact of CoI is not taken into account. In this paper, first, we modify the calculation of filter coefficients for the traditional CE-DFE to accommodate the presence of CoI. Second, we propose CE-DFE with interference cancellation (IC) for MIMO underwater acoustic communication by adding IC filters. The filter coefficients for proposed CE-DFE with IC are derived using channel estimates. Furthermore, the performance of the traditional CE-DFE, our modified CE-DFE, and our proposed CE-DFE with IC in terms of maximum access error, excess error, and output signal-to-noise ratio is analyzed. Finally, both simulation results and sea trial results demonstrate the effectiveness of the proposed methods.
I. INTRODUCTION
Underwater acoustic communications are drawing more and more attention during this few years, because of increasing applications in commercial use and military fields, such as environmental monitoring [1] , communication among divers as well as underwater vehicles, disaster prevention, coastline protection, territory surveillance, underwater networks [2] , and objects detection [3] .
Underwater acoustic channels are characterized as the most challenging wireless channels due to the extremely limited bandwidth and the highly random temporal-spatial variations caused by ocean waveguide. Because of the sea boundary and the non-uniform water medium, the underwater acoustic channel exhibits multiple paths which cause inter-symbolinterference (ISI). The multipath delay spread could reach several tens to several hundreds symbols [4] , which results in frequency-selective signal distortion. Moreover, the velocity The associate editor coordinating the review of this manuscript and approving it for publication was Guangjie Han. of the acoustic propagation is quite slow which is approximately 1500 m/s, so slight movement between transmitter and receiver leads to serious Doppler. Under such complex wireless channel, underwater acoustic communication is still a challenging mission, especially for high date rate, long distance underwater acoustic communication scenarios.
Multiple-input-multiple-output (MIMO) underwater acoustic communication provides an attractive high data rate solution by using multiple transmitters to achieve parallel transmission under limited bandwidth channels. However, compared with underwater single-input-multiple-output (SIMO) communication, underwater acoustic MIMO communication not only suffers from ISI, but also co-channel interference (CoI). The existence of CoI leads to significant performance degradation in demodulation process.
As a popular technology to overcome the ISI and frequency-selective distortion, channel equalization has been intensively investigated. Frequency domain channel equalization usually has lower computational complexity than time domain equalization. Thus frequency domain orthogonal frequency division multiplexing (OFDM) approaches can be adopted for MIMO underwater acoustic communication purposes [5] - [7] . However, because of the high peak average power ratio, OFDM systems are generally not preferable from an amplifier efficiency point of view [8] , Furthermore, the OFDM systems are very sensitive to Doppler shift.
Focusing on single carrier underwater acoustic MIMO communication, both frequency domain channel equalization approaches [9] and time domain equalization approaches [10] - [18] , [21] are widely considered. In [9] , a low-complexity frequency domain turbo equalizer combined with phase rotation compensation and soft successive interference cancellation for single carrier MIMO underwater acoustic communication was proposed. The equalized symbols were achieved by minimum mean squared error (MMSE) criterion in frequency domain. Time domain equalization is more intensively used for underwater MIMO communication, which adopts transversal filter taps to mitigate ISI. Based on the structure of the transversal filter, the time domain equalizer has two typical structures, namely, linear equalizer (LE) and decision feedback equalizer (DFE).
There are two approaches to obtain the equalizers' filter coefficients in time domain. One approach is to iteratively update the filter coefficients using training symbols based on certain optimum criterions such as least mean square and recursive least square, it is called direct adaptive equalizer (DAE); the other approach is to calculate the filter coefficients according to channel estimates, it is called channel estimated based equalizer (CEE). The DAE approach directly uses adaptive algorithm to mitigate ISI, thus it does not need to estimate the channel, but it requires relative long training symbols to achieve convergence. In contrast, CEE approach directly measures the channel via short training symbols, and calculates filter coefficients based on channel estimates. As the DAE schemes perform the joint equalization and phase tracking, the requirement for careful tuning of the equalizer and phase locked loop (PLL) parameters makes the system sensitive to parameters and less stable [10] . In contrast, after calculating the filter coefficients, the CEE works like a standard transversal filter, thus it does not need parameter tuning. Moreover, the CEE needs less parameters to achieve convergence.
Because of the simple structure for DAE, it has been popularly used to mitigate the ISI or CoI in MIMO underwater acoustic communication. In [11] , two stage time reversal based direct adaptive decision feedback equalizer (DA-DFE) was utilized. At first stage, time reversal based DA-DFE was applied to get initial demodulation results, at second stage, time reversal based DA-DFE was applied again after suppressing parallel CoI. In [12] , a sparse partial response equalizer using the direct adaptive recursive least squares algorithm for underwater acoustic MIMO communication was developed to improve the bit error rate (BER), but the CoI was not considered.
So far CEE has been used in SIMO underwater acoustic communication [13] - [16] . For example, in [13] , the channel estimation based decision feedback equalizer (CE-DFE) was used in high frequency underwater acoustic communication; in [14] , the CE-DFE was used in underwater acoustic multi-band communication; in [15] and [16] , the CE-DFE was used in time-varying underwater acoustic communication. However, so far, there is few reports of applying CE-DFE in MIMO communication scenario, or adopting CE-DFE to mitigate CoI either.
Another type equalizer technology is turbo equalizer. In [17] - [20] , both direct adaptive turbo equalizer and channel estimation based turbo equalizer were considered and compared. In [21] , block decision-feedback turbo equalizer was proposed for underwater acoustic MIMO turbo equalization. Different with classic channel equalizer, the turbo equalizer needs to iteratively perform equalization and decoding, which unfortunately costs significant computational complexity.
So far, CE-DFE has not been utilized in MIMO underwater acoustic communication except in turbo communication system. In view of MIMO underwater acoustic communication, the purpose of this paper is to modify the traditional CE-DFE to accommodate CoI for MIMO communications with two different ways. First, we modify the traditional CE-DFE for MIMO underwater acoustic communication with the existence of the CoI under the standard CE-DFE structure, the modified CE-DFE does not have an additional unit to cancel the CoI. Second, we propose a CE-DFE by adding IC unit to explicitly remove CoI. We derive the filter coefficients, the maximum access error, and excess error for our proposed CE-DFE with IC based on the channel estimates. Furthermore, we analyze the performance of the traditional CE-DFE, our modified CE-DFE, and our proposed CE-DFE with IC in terms of maximum access error, excess error, and output signal-to-noise ration (SNR). For description convenience, we denote the traditional CE-DFE, our modified CE-DFE, and our proposed CE-DFE with IC as CE-DFE-NoIC, MoCE-DFE-NoIC, and CE-DFE-IC, respectively. Finally, simulation results and sea trial data are provided to demonstrate the effectiveness of our proposed methods.
The contribution of the paper is following: 1) We modify the traditional CE-DFE-NoIC for MIMO underwater acoustic communication, and provide the filter coefficients. 2) We propose a CE-DFE-IC receiver with IC for MIMO underwater acoustic communication to eliminate the CoI. We derive the coefficients for our proposed CE-DFE-IC. Also, we analyze the performance of our proposed CE-DFE-IC, our MoCE-DFE-NoIC and traditional CE-DFE-NoIC in terms of maximum access error, excess error, and output SNR. 3) We use simulation experiment and sea trial experiment to demonstrate the proposed receiver. The remaining of this paper is organized as follows. Section II describes the channel estimation based equalizer with IC, also, our modified channel estimation based equalizer without IC are briefly involved. The performance of different kinds of equalizers are analyzed further more. Experimental results including simulation results and sea trial results are demonstrated and analyzed in section III. Finally, some concluding remarks are drawn in section IV.
The following notations are used in this paper. Bold upper case and lower case letters denote matrices and column vectors, respectively. Superscripts (·) * , (·) T , and (·) H denote the conjugation, transpose, and Hermitian transpose, respectively. Notation E(·) denotes the expectation operation.
II. THE CHANNEL ESTIMATION BASED DECISION FEEDBACK EQUALIZER A. EQUALIZER MODEL
We consider a MIMO acoustic communication system that has number of M transmitters and number of N receivers. Then the equation of discrete baseband signal at the n-th hydrophone can be written as
where y n (i), x k (i), h k,n (i), and w n (i) are the received signal at n-th hydrophone, the transmitted symbol from k-th transducer, the channel from k-th transducer to n-th hydrophone, and the ambient noise, respectively. Notation i is the time index, the L is the length of channel impulse response. Further we rewrite (1) in matrix form
where
In (3), (4), and (5), L c and L a denote the number of causal and acausal taps respectively. Notation G k,n is the channel impulse matrix with a size of (L c +L a −1)×(L c +L a +L −1). Figure 1 shows the structures of channel estimation based equalizers. Compared with the structure of traditional CE-DFE-NoIC and MoCE-DFE-NoIC in Fig. 1(a) , we add the IC filters r to cancel the CoI in Fig. 1(b) , so it will improve the MIMO communication performance significantly. In order to recover the transmitted symbols from m-th transducer, for CE-DFE-NoIC and MoCE-DFE-NoIC in Fig. 1(a) , the soft decision estimate iŝ
for CE-DFE-IC in Fig. 1(b) , the soft decision estimate iŝ
Notations g ff m , g fb m , and r m,k are the feedforward filter, feedback filter, and IC filter, respectively. The lengths of g ff m , g fb m , and r m,k are L ff , L fb , and L ic respectively. We partition the transmitted symbols into three groups: [15] . The channel matrix also can be divided three parts, F m , g m , and G 0 m , shown as in (7). Thus, (2) can be written as
The first term in (10) is the portion of the received signal, which corresponds to the transmitted symbol that needs to be recovered x m (i). The second term is the portion of the received signal, which can be cancelled by feedback filter. The fourth term is the CoI that can be cancelled by IC filter. The last term is the effective observation noise which the feedforward filter must try to eliminate. The third term is also CoI which contains transmitted symbol from other transmitters, it should be eliminated by feedforward filter. Compared with traditional CE-DFE-NoIC when it is used in underwater acoustic MIMO communication, the third and the fourth term will be ignored. In this paper, we consider the third term and fourth term to improve the performance of traditional CE-DFE-NoIC, and in this paper, we also consider to eliminate the CoI by adding the IC filters.
Assuming that the transmitted symbols x m are zero mean, white sequences with variance of one, the transmitted symbols are independent with channel impulse response and received noise v m . Assuming that the received noise v m is zero-mean with covariance R v m which is independent with channel impulse response. So the effective observation noise correlation matrix D m can be written as
Base on the model in Fig. 1 , the soft decision can be depicted as
In traditional CE-DFE-NoIC, and our MoCE-DFE-NoIC, d k and u k are the follows,
In CE-DFE-IC receiver, d m and u m are the following,
The solution of MoCE-DFE-NoIC and CE-DFE-IC filters isd
We adopt linear minimum mean square error method to obtain the optimized filters.
The optimzed filters for CE-DFE-IC are
and
Please refer APPENDEX A for derivation of (16).
For traditional CE-DFE-NoIC in Ref. [15] , the CoI is not taken into account, here, we provide the filter coefficients for our MoCE-DFE-NoIC. For MoCE-DFE-NoIC receiver, the feedforward filter and feedback filter are given
For derivation of (17), please refer to APPENDEX A and Ref. [15] .
B. PERFORMANCE ANALYSIS FOR CHANNEL ESTIMATION BASED DECISION FEEDBACK EQUALIZERS
We use soft decision error = x s m (i) − x m (i) to evaluate the performance of the two proposed equalizers. The soft decision error not only depends on the error of channel impulse response, but also the error from equalizers. In this performance analysis, we assume that the inputs to feedback filter and IC filters are correct, we use training symbols which are prior known to estimate channels. Now we analyze the error. The estimated underwater acoustic MIMO channel impulse response matrix is given as follows,
where E G m,n is the error in the estimate of the channel impulse response matrix,Ĝ m,n is the true channel estimate. For CE-DFE-IC, we combine (2), (9) , and (18), we obtain the soft decision estimate as
Substituting in (16) into (19) results in
So the output error for CE-DFE-IC is
In the similar way, substituting (10) and (17) into (12), the output error for MoCE-DFE-NoIC is given by
The variance of the first term marked in brace in (21) and (22) represents the minimum achievable error of the equalizer and is denoted by σ 2 o . This error can be achieved by the equalizer based on that the equalizer has the perfect knowledge of channel impulse response and noise statistics. The error depends on static structure of the channel impulse response and the statistics of the ambient noise, but not on the dynamics of the channel impulse response fluctuations [15] . The variance of the second term is the excess error and is denoted by σ 2 , it depends on the error in estimating the channel impulse response. So the total soft decision error can be described as σ 2 = σ 2 o + σ 2 . The minimum achievable error can be obtained from the output of equalizer. For CE-DFE-IC, it is given by
For MoCE-DFE-NoIC, the minimum achievable error σ 2 o 2 can be given by
For the traditional CE-DFE-NoIC, the minimum achievable error σ 2 o 3 can be given by [15] 
From (23) - (25), we can conclude that
We can see that, in (26), the traditional CE-DFE-NoIC obtains the lowest minimum achievable error, it seems that the traditional CE-DFE-NoIC would obtain the best communication performance. However, σ 2 o 3 is derived based on SIMO communication, the CoI is not taken into account, when traditional CE-DFE-NoIC is directly used in MIMO communication, it will be failed. We will use simulation and sea trial experiment to illustrate the results. We also can conclude that, when the lengths of feedforward and feedback filters increase, the minimum achievable error will decrease.
The variance of the excess error is the variance of the second term in (21) and (22) . For CE-DFE-IC, MoCE-DFENoIC, and CE-DFE-NoIC, the excess error can be written as
We can see that, the excess error is determined by feedforward filter and the error in channel estimation.
III. EXPERIMENT AND ANALYSIS
We conduct numerical simulation and sea trial experiment to evaluate the performance of the proposed methods. The equalizers work in training mode and decision-directed mode. In training mode, channel estimator and equalizer assume perfect knowledge of transmitted symbols. In working mode, a preamble which is known to receiver is used to estimate the initial Doppler and channel estimate, then the previous detected symbols are used to estimate both Doppler estimation and channel estimation.
A. SIMULATION EXPERIMENT
We use bellhop model [22] to generate the channel impulse responses for simulation. The sea depth is 10 m, and there are two transducers deployed at 4 m and 7 m, respectively. The receiver array contains 4 hydrophones, which are deployed at 2 m, 4 m, 6 m, and 8 m, respectively, the range between transducers and hydrophones is 1000 m, shown as in Fig. 2(a) . Also, Fig. 2(a) shows the eigenray. For description convenience, we denote the channel from m-th transducer to n-th hydrophone as Txm-Rxn. Figure 2(b) is the examples of channel impulse responses from Tx1-Rx4 and Tx2-Rx2. There are 10 multipaths which are selected by the first 10-th maximum amplitudes. From Fig. 2(b) , it can be seen that the channel delay is around 15 ms, and the channel exhibit typically sparse. Thus, in the simulation experiment, we use traditional orthogonal matching pursuit (OMP) [23] channel estimation algorithm to estimate the channels. Table 1 depicts the parameters for the 3 equalizers. The channel is set at 19 ms, the length of the feedforward filter is set at 38 ms, the lengths of feedback filter and IC filter are set at 18.9 ms. The modulation type is quadrature phase shift keying (QPSK) with the bandwidth of 10000 symbols/s. In the simulation experiment, we compare the performance among our modified MoCE-DFE-NoIC, our proposed CE-DFE-IC, and traditional CE-DFE-NoIC in terms of maximum access error, excess error and output SNR. Define the output SNR as
where x m is the transmitted symbols from m-th transducer, and x s m is the soft output from equalizer. In order to demonstrate the performance of our methods, we evaluate the performance of the 3 equalizers under different SNR. Figure 3 describes the relationship between SNR and output SNR in training mode. The SNR is set from 4 dB to 30 dB. The observation length for channel estimation is set at 57 ms, the sparsity for OMP algorithm is 10. It can be observed that, the output SNR increases with the SNR for the MoCE-DFE-NoIC and CE-DFE-IC. It can be explained that, with the higher SNR, the channel estimates are more accurate, which are used for measuring accurate filter coefficients for channel based equalizers. However, the output SNR obtained by traditional CE-DFE-NoIC does not vary with SNR, the reason is that, the CoI determines the output SNR rather than the ambient noise. It can be also observed that, the MoCE-DFE-NoIC achieves the better performance than CE-DFE-NoIC, because our MoCE-DFE-NoIC considers the CoI. Our proposed CE-DFE-IC achieves the best performance, because the equalizer has the capability to remove the CoI. For the 3 different equalizers, the average output SNR among 4 dB -30 dB is 9.88 dB, 7.66 dB, and 4.46 dB respectively, for CE-DFE-IC, MoCE-DFE-NoIC, and CE-DFE-NoIC in Fig. 3(a) . We conclude that, the CE-DFE-IC mitigates the last four terms in (10); the CE-DFE-NoIC mitigates the second and the last terms in (10); MoCE-DFENoIC mitigates the second and last terms in (10) , and the MoCE-DFE-NoIC also considers the third term and fourth term shown in (17) . We can get the same results in Fig. 3(b) .
To further evaluate performance of our modified and proposed equalizers under different channel estimates, we use different observation lengths to estimate channel. Figure 4 shows the relationship between observation length and output SNR in training mode. The SNR is set at 25 dB, the 79010 VOLUME 7, 2019 observation lengths are set 19 ms -57 ms. From Fig. 4 , we can observe that, CE-DFE-IC and MoCE-DFE-NoIC achieve higher output SNR with longer observation length. The reason is that, the channel estimate which is obtained by longer observation length is more accurate, so the filter coefficients are also more accurate, thus the performance of the equalizers is improved. The output SNR obtained by traditional CE-DFE-NoIC does not vary with observation length because of the strong CoI. We can also observe that, the CE-DFE-IC obtained the best output SNR among different observation lengths. The average output SNR for CE-DFE-IC, MoCE-DFE-NoIC, and CE-DFE-NoIC is 9.55 dB, 7.62 dB, and 4.67 dB respectively in Fig. 4(a) . The CE-DFE-IC obtains 1.93 dB and 4.88 dB gain over MoCE-DFE-NoIC and CE-DFE-NoIC respectively.
We also compare the maximum access error and the excess error for the 3 equalizers under different observation length. We use the known channel estimates to measure g k , F k , and G 0 k , also we utilize the known channels and the channel estimates to obtain R Gk,n , so the maximum access error in (23) , (24) , and (25) is not related to the channel estimation error, and the excess error in (27) is only related to channel estimation error. Figure 5(a) and Fig. 5(b) show the maximum access error for Tx1 and Tx2 respectively. From the two sub-figures, we can get that, the maximum access error does not change with observation length, because we use known channel to calculate the filter coefficients. We can also get that, the CE-DFE-NoIC achieves the lowest maximum access error, because CE-DFE-NoIC does not consider the CoI. Focus on the maximum access error obtained by CE-DFE-IC and MoCE-DFE-NoIC, we can see that, the CE-DFE-IC obtains the lower maximum access error, because the CE-DFE-IC mitigates the IC which means that the CE-DFE-IC has more capability to recover the transmitted symbols correctly. The results in Fig. 5(a) and Fig. 5(b) are consistent with in (26). Figure 5 (c) and Fig. 5(d) show the excess error for Tx1 and Tx2 respectively. We can conclude that, the excess error decreases when the observation length increases, the reason is that, with longer observation length, the more accurate channel estimates are achieved, so the channel estimation error R Gk,n decreases. In addition, it also can be seen that, as before, the CE-DFE-IC achieves the lower excess error than MoCE-DFE-NoIC. The average excess error for CE-DFE-IC, MoCE-DFE-NoIC is −12.57 dB and −10.80 dB respectively. The lower maximum access error and lower excess error in Fig. 5 result in higher output SNR in Fig. 4 for CE-DFE-IC. Although the CE-DFE-NoIC obtains the lowest maximum access error and excess error, it fails when directly used for MIMO communication.
Moreover, the performance of the three equalizers is investigated in decision-directed mode in Fig. 6 . The parameters are the same with in Table 1 , the observation length is set at 57 ms, the SNR is set at 25 dB. To prevent error propagation, the training symbols accounted for 9% of the transmitted symbols are used for adjusting channel estimation. The average output SNR obtained by CE-DFE-IC, MoCE-DFE-NoIC, and CE-DFE-NoIC is 11.28 dB, 9.97 dB, and 4.24 dB for Tx1, 11.45 dB, 9.77 dB, and 4.06 dB for Tx2. We can see that, our modified MoCE-DFE-NoIC and our proposed CE-DFE-IC outperform the traditional CE-DFE-NoIC.
B. SEA TRIAL EXPERIMENT
In this subsection, sea trial was conducted for performance evaluation and comparison. The experiment was conducted from a shallow water acoustic channel in WuyuanBay, Xiamen, China. The depth of the experimental area is about 10 m. There were two transmitters suspended to the depth of 4 m and 6 m from a boat, the receiving array which contained 8 hydrophones suspended to another boat with a uniform spacing of 1 m, the range between transducers and receivers was 1000 m, shown as in Fig. 7(a) . For description convenience, we also denote the channel from Txm to Rxn as Txm-Rxn. Figure 7 (b) shows the sound speed profile. It can be seen that, the sound profile shows slightly positive gradient from 1.5 m to 3.5 m. In general, the sound speed is almost constant.
The modulation type was QPSK with a bit rate of 6400 bit/s and a carrier frequency of 15500 Hz. So the total data rate was 12800 bit/s. The bandwidth of the transducers was 13 kHz -18 kHz. The sampling frequency was 96000 symbols/s. The average raw SNR among the 8 hydrophones was around VOLUME 7, 2019 28 dB. Because the Doppler scale was quite small, in this paper, we only use narrow band Doppler estimation and compensation [24] . Figure 8 shows the examples of channel impulse response for Tx1-Rx4 and Tx2-Rx4. The channel length is set at 125 ms which is corresponding to 200 symbols. The observation length for channel estimation is 375 ms, and the channel estimation algorithm is least square QR fraction (LSQR) [25] which is a fast least square algorithm. We can see that, both of the two sub-figures exhibit typically sparse, the multipath delay in Fig. 8(a) and Fig. 8(b) is more than 20 ms. We can also see that, because of the CoI, there is much noise in non-zeros taps in Fig. 8 , so we use the OMP method to estimate the channels which are used for obtaining the filter coefficients. Figure 9 depicts the output SNR in training mode. The channel length is set at 200 symbols, and the observation length for channel estimation is 600 symbols, OMP algorithm whose sparsity is set at 30, is used to estimate the channel. The lengths of feedforward filters, feedback filters, and IC filters are set at 400 symbols, 199 symbols, and 199 symbols respectively. From Fig. 9 , it can be observed that, the CE-DFE-IC still achieves the highest output SNR, and the CE-DFE-NoIC still achieves the lowest output SNR, for example, the average output SNR for CE-DFE-IC, MoCE-DFE-NoIC, and CE-DFE-NoIC is 8.45 dB, 7.53 dB and 5.82 dB for Tx1, and 9.57 dB, 9.18 dB, and 8.06 dB for Tx2. The results are consistent with simulation experiment and theoretical analysis. Figure 10 provides the output SNR in decision-directed mode. In order to prevent the error propagation, periodic training symbols are inserted in the data frame, VOLUME 7, 2019 which account for 20% of the transmitted symbols. The average output SNR in decision-directed mode obtained by CE-DFE-IC, MoCE-DFE-NoIC, and CE-DFE-NoIC is 7.96 dB, 7.00 dB, and 5.06 dB for Tx1, 9.18 dB, 8.85 dB, and 7.13 dB for Tx2 respectively. Compared with the output SNR in Fig. 9 , the output SNR in Fig. 10 shows an oscillation feature, because the error propagation.
Finally, constellations from the three equalizers are provided in Fig. 11 , we can see that, the CE-DFE-IC obtains the most separated constellations for both Tx1 and Tx2. The results are the same with in training mode in Fig. 9 .
IV. CONCLUSION
The traditional CE-DFE-NoIC will suffer from significant performance degradation in MIMO underwater acoustic communication, because the CoI is not considered. To address the issue, in this paper, we modify the traditional CE-DFE-NoIC to adapt to MIMO communication system in two ways. First, we modify the traditional CE-DFE-NoIC with the existence of CoI, denoted as MoCE-DFE-NoIC. Second, we proposed CE-DFE-IC with IC by adding IC filters. For both ways, derivation of the filter coefficients is provided.
Then, we compare the performance of the traditional CE-DFE-NoIC, MoCE-DFE-NoIC, and proposed CE-DFE-IC in terms of the maximum access error, excess error, and output SNR. Results from both numerical simulation and sea experiment demonstrate that our CE-DFE-IC achieves higher output SNR, because of the explicit capability of mitigating the CoI. We may point out that, there is still potential for further enhancement by designing channel estimation algorithm that takes CoI into account. It is our next plan in the future.
APPENDIX A DERIVATION OF EQUALIZER COEFFICIENTS
The derivation of the equalization coefficients assumes that the channel estimates and the past symbol decisions are accurate. To obtain the solution of equalization coefficients, a partial derivative of (15) 
and the minimum achievable error 
Recall that x m is a unit variance and white sequence and it is independence of v m and channel estimate. Substituting (14b) into (32), then we yield 
where 
